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1 Introduction

The paper discusses the support of URI schemas within the SIP-I based CS core network.
2 Proposal
It is proposed to update the following text into the draft TR 29.802 v0.1.0.
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5.9
Usage of URI schemas in the Nc interface

Several kinds of uniform resources identifiers can be used in the SIP protocol, e.g. SIP and SIPS URI defined in IETF RFC 3261 [xx], tel URI defined in IETF RFC 3966 [xx], etc..
Since the user and service are always identified by an E.164 number in the bearer independent CS network, tel-URI is more suitable because it is always hard to say which domain is responsible for it and what the “hostport” part of the SIP or SIPS URI should filled as. The same thing for the calling party number, the called party number, etc.. For these fields, tel-URI shall be supported.
Therefore, tel-URI shall be used for the fields that are used to identify users and services in Nc interface.
